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SYSTEM AND METHOD FOR INTERFACING 
5 LEGACY IP-PBX SYSTEMS TO SIP NETWORKS 

CROSS-REFERENCE TO RELATED APPLICATION ( S ) 

This application claims the benefit of U.S. Provisional 
Application No. 60/437,216, filed on December 31, 2002, the 
content of which is incorporated herein by reference. This 
application also contains subject matter that is related to 
the subject matter disclosed in U.S. Application Ser. No. 
09/781,851 (attorney docket number 134035), filed on February 
12, 2001, and U.S. Application Ser. No. 10/289,547 (attorney 
docket number 134096), filed on November 6, 2002, the content 
of all of which are also incorporated herein by reference. 

FIELD OF THE INVENTION 

This invention relates generally to PBX systems, and more 
particularly, to interfacing legacy IP-PBX systems with SIP 
networks . 

BACKGROUND OF THE INVENTION 

Private Branch Exchange (PBX) systems often used by 
enterprises provide important communication features such as 
voicemail, speed dial, call transfer, conference, directory 
30 services, and the like. Connection between a PBX switch and 
one or more PBX sets is usually accomplished via a non- 
standard, vendor- spec if ic , private- digital -signal ing-and- voice 
(PDSV) protocol. This protocol exposes the various 

communication features offered by the PBX switch to each PBX 

35 

set. One drawback in the use of PDSV protocols is that they 
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are vendor-specific, and thus, often typically incompatible 
5 between different vendors. Consequently, an enterprise must 

typically purchase both the PBX and the PBX sets from the same 
vendor . 

In the last few years, PBX system architectures have 
evolved from providing a direct digital connection with the 
PBX sets to providing a networked IP connection. However, the 
lack of interoperability between an IP-PBX from one vendor and 
the IP sets from another vendor has continued. Thus, if a 
customer purchases an IP-PBX from one particular vendor, he is 

15 still generally forced to choose IP sets from the same vendor, 
even if he prefers the style, look, or feel of IP sets from 
another vendor. 

Recently, a new standard referred to as a Session 

2Q Initiation Protocol (SIP) for IP session control has emerged 
from the Internet community, as set forth in Internet 
Engineering Task Force Request for Comment 2543 entitled "SIP: 
Session Initiation Protocol," March 1999 (hereinafter referred 
to as RFC 2543), which is incorporated herein by reference. 

2 5 

The SIP protocol controls the setup, modification and teardown 
of general data exchange sessions, including Voice-over-IP 
(VoIP) sessions, between users on an IP network. 

The emergence of the SIP protocol has given rise to a 
30 potential for an enterprise customer to purchase an IP-PBX 
manufactured by one vendor and SIP sets manufactured by other 
vendors. For example, an enterprise could potentially 

purchase an IP-PBX from one vendor based on the communication 
feature set and functionality included in the IP-PBX, and 

35 

purchase SIP Sets having a preferred style or feel from 
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another vendor. However, in order for this to occur, there 
5 exists a need to interface SIP sets to an IP-PBX that may not 

have native SIP support. 

SUMMARY OF THE INVENTION 

According to one embodiment, the present invention is 

10 

directed to a data communications system integrating a voice 
switch adhering to a first protocol with a network of one or 
more first devices adhering to a second protocol. The system 
according to this embodiment includes a server coupled to the 

15 voice switch and the network of one or more first devices. 
The server maintains for at least one of the first devices a 
logical device adhering to the first protocol. The server 
further receives media directed to the logical device and 

2Q redirects the media to the first device. 

According to another embodiment, the present invention is 
directed to a server coupled between a voice switch adhering 
to a first protocol and one or more devices adhering to a 
second protocol. The server includes a means for receiving 

2 5 

from the voice switch a first message indicative of a first 
communication port to be used by one of the devices for 
receiving media; means for receiving from the device a second 
message indicative of a second communication port to be used 

3 0 by the device for receiving the media; and means for 

reconciling a difference between the first communication port 
and the second communication port. 

According to a further embodiment, the present invention 
is directed to a method for integrating a voice switch 

35 

adhering to a first protocol with a network of one or more 
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devices adhering to a second protocol. The method according 
5 to this embodiment includes receiving from the voice switch a 

first message indicative of a first communication port to be 
used by a particular device for receiving media; receiving 
from the particular device a second message indicative of a 
second communication port to be used by the particular device 

10 

for receiving the media; and reconciling a difference between 
the first communication port and the second communication 
port . 

According to one embodiment of the invention, the 
15 reconciling of the difference further comprises mapping the 
first communication port to the second communication port; 
receiving media addressed to the first communication port; and 
redirecting the media to the second communication port. 
2 q These and other features, aspects and advantages of the 

present invention will be more fully understood when 
considered with respect to the following detailed description, 
appended claims, and accompanying drawings. Of course, the 
actual scope of the invention is defined by the appended 
^ claims. 



BRIEF DESCRIPTION OF THE DRAWINGS 

FIG . 1 is a schematic block diagram of a data 
communications system including a SIP-PBX proxy server 
according to one embodiment of the invention; 

FIG. 2 is a simplified diagram illustrating how a SIP-PBX 
proxy server reconciles between different voice media setup 
and handling modes according to one embodiment of the 
invention; 



-4- 



1 



51471/JEC/X2/134132 



FIG. 3 is a more detailed block diagram of a SIP-PBX 
5 proxy server according to one embodiment of the invention; 

FIG. 4 is a simplified diagram illustrating a translation 
between PDSV-over-IP messages and SIP messages according to 
one embodiment of the invention; 

FIG. 5A is an exemplary layout diagram of a port mapping 

10 

table mapping a SIP set to a logical IP set according to one 
embodiment of the invention; 

FIG. 5B is a schematic block diagram illustrating a 
static mapping of a logical IP set to a SIP set according to 
15 one embodiment of the invention; 

FIG. 5C is a schematic block diagram illustrating a 
dynamic mapping of a logical IP set to a SIP set according to 
one embodiment of the invention; 
2Q FIG. 6 is a schematic block diagram illustrating the 

connections established between an IP-PBX and logical IP sets 
maintained by a SIP-PBX proxy server according to one 
embodiment of the invention; 

FIG. 7 is a schematic block diagram illustrating the 

2 5 

connections established between an IP-PBX and logical IP sets 
maintained by a SIP-PBX proxy server according to another 
embodiment of the invention; 

FIG. 8 is a signaling diagram for handling an incoming 
30 call from a PSTN to a SIP set according to one embodiment of 
the invention; 

FIG. 9 is a schematic block diagram illustrating the 
connections made based on the exchange of signals in FIG. 8 
according to one embodiment of the invention; 

35 
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FIG. 10 is a signaling diagram for handling an outgoing 
5 call to the PSTN from a SIP set according to one embodiment of 

the invention; 

FIG. 11 is a schematic block diagram illustrating the 
connections made based on the exchange of signals in FIG. 10 
according to one embodiment of the invention; 

10 

FIG. 12 is a signaling diagram for handling an outgoing 
call to the PSTN from a SIP set according to another 
embodiment of the invention; 

FIG. 13 is a signaling diagram for handling an outgoing 
15 call to the PSTN in a hands-free speakerphone mode according 
to one embodiment of the invention; 

FIG. 14 is a signaling diagram for handling a call from 
an IP set to a SIP set according to one embodiment of the 
2Q invention; 

FIG. 15 is a schematic block diagram illustrating the 
connections made based on the exchange of signals in FIG. 14 
according to one embodiment of the invention; 

FIG. 16 illustrates a simplified signaling diagram for 

2 5 

handling a call between two SIP sets according to one 
embodiment of the invention; 

FIG. 17 is a more detailed signaling diagram for handling 
a call between two SIP sets according to one embodiment of the 

3 0 invention; 

FIG. 18 is a schematic block diagram illustrating the 
connections made based on the exchange of signals in FIG. 17 
according to one embodiment of the invention; 

35 
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FIG. 19 is a signaling diagram for handling a call 
5 between SIP sets that are not associated with a same SIP-PBX 

proxy server according to one embodiment of the invention; 

FIGS. 20A-20B illustrate media reconciliation performed 
by the SIP-PBX proxy servers of FIG. 19 according to one 
embodiment of the invention; 

10 

FIG. 21 is a schematic block diagram of a data 
communications system including multiple SIP-PBX proxy servers 
according to one embodiment of the invention; 

FIG. 22 is a schematic block diagram of a data 
15 communications system including multiple SIP-PBX proxy servers 
according to another embodiment of the invention; 

FIG. 23 is a schematic block diagram of a data 
communications system including multiple SIP-PBX proxy servers 
2 q according to a further embodiment of the invention; 

FIG. 24 is a schematic block diagram depicting traffic 
flow in the data communications system of FIG. 23 according to 
one embodiment of the invention; 

FIG. 25 is a schematic block diagram of a data 

2 5 

communications system including multiple SIP-PBX proxy servers 
according to another embodiment of the invention; 

FIG. 26 is a schematic block diagram of a data 
communications system including multiple SIP-PBX proxy servers 

3 0 according to another embodiment of the invention; 

FIG. 27 is a schematic block diagram of a data 
communications system including multiple SIP-PBX proxy servers 
according to another embodiment of the invention; 

35 
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FIG. 28 is a schematic block diagram of a data 
5 communications system with an embedded SIP-PBX proxy server 

according to one embodiment of the invention; 

FIG. 29 is a schematic block diagram of a data 
communications system using computer supported telephony 
applications (CSTA) protocol and PDSV-over-IP messages 

10 

according to one embodiment of the invention; 

FIG. 30A is an exemplary block diagram illustrating the 
allocation of digital signal processing (DSP) resources when a 
single DSP board is included in an IP-PBX according to one 
15 embodiment of the invention; 

FIG. 30B is an exemplary block diagram illustrating the 
allocation of DSP resources when a single DSP board is 
included in an IP-PBX according to another embodiment of the 
2Q invention; and 

FIGS. 31A-31C are exemplary block diagrams illustrating 
the allocation of DSP resources when multiple DSP boards are 
included into an IP-PBX according to one embodiment of the 
invention . 

25 

DETAILED DESCRIPTION 

FIG. 1 is a schematic block diagram of a data 
communications system where the present invention may be 
30 practiced according to one embodiment of the invention. The 
system includes a voice switch, such as, for example, a 
networked private branch exchange switch (PBX) , referred 
herein as an IP-PBX switch 10, in communication with various 
telephony devices, such as, for example, digital sets 12, IP 

35 

sets 14, and SIP sets 16. The IP-PBX 10 may be one of various 
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networked PBX switches conventional in the art, such as, for 
5 example, OmniPCX 4400 manufactured by Alcatel. 

The IP-PBX 10 is coupled to each digital set 12 via a 
point-to-point wire 20 that transmits messages in accordance 
to the PDSV protocol. The IP-PBX 10 is also coupled to the IP 
sets 14 and SIP sets 16 over a data communications network 22, 

10 

such as, for example, a local area network (LAN). The IP-PBX 
10 transmits and receives PDSV messages using a network 
communications protocol such as, for example, an Internet 
protocol (IP) . PDSV messages transmitted over the network 22 

15 will hereinafter be referred to as PDSV-over-IP messages. 

The digital sets 12 may take the form of any conventional 
digital telephony device capable of directly interfacing with 
the IP-PBX 10 using the PDSV protocol. The IP sets 14 may 

2Q take the form of any conventional digital telephony device 
capable of interfacing with the IP-PBX 10 over the 
communications network 22 via PDSV-over-IP messages. The SIP 
sets 16 may take the form of any conventional digital 
telephony device configured with a SIP stack and taking the 

25 

role of a SIP user agent as discussed m further detail m RFC 
2543 . 

According to one embodiment of the invention, the 
interfacing of the IP-PBX 10 with the network of SIP sets 16 
30 (also referred to as the SIP network) is accomplished via a 
SIP-PBX proxy server 18. The SIP-PBX proxy server 30 is 
configured to solve two main challenges in interfacing the 
network of SIP sets 16 to the IP-PBX 10. 

A first challenge is that the IP-PBX 10 employs the PDSV 

35 

protocol while the SIP sets 16 employ the SIP protocol. 



-9- 



1 



51471/JEC/X2/134132 



A second challenge is the difference in the approach 
5 taken by the IP-PBX 10 and the SIP sets 16 in the setup and 

handling of voice media. In conventional IP-PBX systems, the 
PBX and IP sets operate in a master-slave mode where the PBX 
master set up the media flows between IP set slaves. It is 
generally the IP-PBX that informs each PBX set where to send 

10 

its voice media, and on which port incoming media should be 
received. For example, when IP set A calls IP set B, the IP- 
PBX tells IP set A to send its media to IP set B port XI, 
tells IP set B to send its media to IP set A port X2 , tells IP 

15 set A to receive its media on port X2 , and tells IP set B to 
receive its media on port XI. Thus, the IP-PBX and the IP 
sets generally operate in a master-slave mode. 

In contrast, SIP sets generally operate in a peer-to-peer 

2 q mode without a master controller. For example, when SIP set C 
calls SIP set D, SIP set C transmits an INVITE message that 
contains the IP address and port on which SIP set C wants to 
receive media. SIP set D responds with an OK message that 
contains the IP address and port on which SIP set D wants to 

2 5 

receive media. A more detailed description on voice media 
setup is disclosed in RFC 2543. 

In order to reconcile the differences in the master-slave 
and peer-to-peer modes of handling media flows and properly 
30 interface the IP-PBX 10 to the SIP network, the SIP-PBX proxy 
server 18 maintains a logical IP set 24 for each SIP set 16 on 
the SIP network that maintains IP-based signaling and media 
connectivity with the IP-PBX 10. The logical IP sets 24 
implement operations, such as handshaking and firmware 

35 

download, typically implemented by physical IP sets. One or 
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more converters 26 coupled to the logical IP sets 24 reconcile 
5 between the two modes of setup and handling of voice media, 

and relay media flows in such a way as to allow the IP-PBX 10 
to think that it is the master, while also allowing the SIP 
sets 16 to think that they are operating in a peer-to-peer 
fashion. The one or more converters further translate between 

10 

PDSV-over-IP messages received/ transmitted from/to the IP-PBX 
10, and SIP messages received/ transmitted from/ to a particular 
SIP set 16. 

FIG. 2 is a simplified diagram illustrating how the SIP- 
15 PBX proxy server 18 reconciles between the two modes of setup 
and handling of voice media according to one embodiment of the 
invention. In step 70, IP-PBX 10 tells SIP set 16 at IP 
address A (device A) that it will receive media on port XI. 
2Q In the meantime, device A indicates in step 72 that it wishes 
to receive media on port X2 . The SIP-PBX proxy server 18 
intercepts a media packet transmitted in step 74 and destined 
for IP address A, port XI. The converter 26 within the SIP- 
PBX proxy server 18 rewrites the packet with a destination 

2 5 

port of X2 , and transmits the packet to port X2 as indicated 
in step 76, thus allowing reconciliation to occur. By 
rewriting the port number for media packets destined for IP 
address A, the SIP-PBX proxy server allows both the IP-PBX 10 
30 and SIP set 16 to think that the media has been setup in their 
preferred fashion . 

FIG. 3 is a more detailed block diagram of the SIP-PBX 
proxy server 18 according to one embodiment of the invention. 
Each component of the server may be implemented via software 

35 

using one or more processors. A person of skill in the art 
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should recognize, however, that the components may also be 
5 implemented via hardware, firmware (e.g. ASIC), or any 

combination of software, hardware, and/or firmware. 

In the illustrated embodiment, the SIP-PBX proxy server 
18 is a two-port IP appliance including a first network 
interface 36 and a second network interface 38. The network 

10 

interfaces are also referred to as ports. In alternative 
embodiments, the SIP-PBX proxy server 18 may be implemented as 
a one-port IP appliance or multi-port IP appliance that 
incorporates the SIP-PBX proxy server within a data switch or 
15 router. 

According to the illustrated embodiment, the first 
network interface 3 6 is used to receive and transmit PDSV- 
over-IP messages from and to the IP-PBX 10. PDSV-over-IP 
2 q messages received and transmitted through the first network 
interface 36 contain logical IP and port addresses associated 
with the logical IP sets 24 maintained by the SIP-PBX proxy 
server 18. 

The second network interface adheres to the SIP protocol^ 

25 

and is used to receive and transmit SIP messages from and to 
the SIP sets 16. 

A converter 26 is coupled to a PDSV protocol stack 32 as 
well as a SIP protocol stack 34. With the aid of the two 
30 protocol stacks, the converter 26 receives SIP messages from 
the second network interface 38 and translates them into PDSV- 
over-IP messages for transmitting over the first network 
interface 36. In the same manner, the converter 2 6 receives 
PDSV-over-IP messages from the first network interface 36 and 

35 
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translates them into SIP messages for transmitting over the 
5 second network interface 38. 

In addition to the translation between PDSV-over-IP and 
SIP messages, the converter also reconciles between the two 
modes of handling the setup of media flows. The 
reconciliation is aided by a port mapping table 40 mapping a 

10 

SIP set 16 on the network to a logical IP set 24. 

FIG. 4 is a simplified diagram illustrating the 
translation between PDSV-over-IP messages and SIP messages 
according to one embodiment of the invention. According to 

15 the illustrated embodiment, SIP message bodies are used to 
transport PDSV-over-IP messages, such as, for example, button 
information and display information. For example, if a user 
of a particular SIP set 16 presses a button on the set, the 

2Q set transmits in step 60, a keypress information within the 
body of a SIP MESSAGE request to the SIP-PBX proxy server 18. 
The converter 26 within the SIP-PBX proxy server 18 converts 
the SIP message to the appropriate PDSV-over-IP message and 
transmits it to the IP-PBX 10 in step 62. The converted PDSV r 

2 5 

over- IP message has included as a source address, the address 
of a logical IP set 24 mapped by the converter 2 6 to the 
transmitting SIP set. 

Similarly, when the IP-PBX 10 sends a message to a 
30 display of the logical IP set mapped to the SIP set in step 
64, the converter 26 in the SIP-PBX proxy server 18 translates 
the PDSV-over-IP message to a SIP MESSAGE, and transmits the 
SIP MESSAGE to the mapped SIP set in step 66. 

Although the exemplary embodiment uses SIP MESSAGE bodies 

35 

for transporting the messages, other SIP request and response 
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bodies can also be used, such as INVITE, INFO, OK, and the 
5 like, as is discussed in U.S. Application Ser. No. 10/074,340 

(attorney docket 134087), filed on February 12, 2002, the 
content of which is also incorporated herein by reference. 

FIG. 5A is an exemplary layout diagram of the port 
mapping table 40 mapping a SIP set 16 on the network to a 

10 

logical IP set 24 according to one embodiment of the 
invention. The port mapping table 40 maintains a logical IP 
address 50 and port 52 for each logical IP set mapped to a SIP 
set that is accessible via the first network interface 36. 

15 The actual IP address for the first network interface 36 is 
used, according to one embodiment, as a management address for 
SIP-PBX proxy server 18 configuration and setup. 

According to one embodiment of the invention, each 

2 q logical IP set can receive signaling and media on separate IP 
UDP or TCP ports 52 referred to as pasl (signaling port) and 
paml (media port) , respectively. For purposes of this 
example, an assumption is made that the signaling and media 
port numbers are identical for each of the logical IP sets 24. . 

2 5 

The port mapping table 40 also stores for an IP address 
associated with the second network interface 38, such as for 
example, IPB, separate signaling and media ports. for 
communicating with the SIP sets 16. According to one 
30 embodiment of the invention, a single signaling port, PBS1, 
that is established on the second network interface 38 is 
utilized for transmitting and receiving signaling connections 
with the SIP sets 16. For example, the signaling port PBS1 
may be a conventional SIP signaling port, such as, for 

35 

example, port 5060. In this scenario, the SIP-PBX proxy 
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server is able to distinguish various signaling channels 
5 to/from the SIP sets 16 via their remote IP addresses and 

ports . 

The mapping of logical IP sets 24 to SIP sets 16 may be 
either static or dynamic. FIG. 5B is a schematic block 
diagram illustrating a static mapping of a logical IP set to a 

10 

SIP set according to one embodiment of the invention. In the 
illustrated embodiment, the mapping of a SIP set at IP address 
D (referred to as SIP set D) 16a is setup when it registers 
with the SIP-PBX proxy server 18 via a SIP REGISTER message. 

15 The mapping persists for the duration of the registration 
session. According to one embodiment of the invention, the 
SIP-PBX proxy server 18 also reserves the mapping of 
associated media channels even though media may not be flowing 

2 q through them. For example, once a SIP set D 16a has 
registered with the SIP-PBX proxy server 18, a mapping of a 
signaling channel having IP address ipal and signaling port 
pasl (hereinafter referred to as ipalrpasl) 300, and IP 
address IPB and signaling port PBS1 (hereinafter referred . to 

2 5 

as IPBrPBSl) 302 is established, and a mapping of media 
channel having IP address ipal and media port paml 
(hereinafter referred to as ipal:paml) 304, and IP address IPB 
and media channel PBM1 (hereinafter referred to as IPB:PBM1) 
30 306 is also reserved. Once a call involving SIP set D 16a 
terminates, the SIP-PBX proxy server 18 retains the mapping of 
ipal: paml 3 04 to IPB:PBM1 3 06 for the duration of the 
registration period. 

If SIP set D 16a re-registers before the registration 

35 

period expires, the mapping of signaling and media channels is 
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simply refreshed. However, if the registration expires, in 
5 one embodiment of the invention, the signaling channel 

ipalrpasl 300 and associated media channel ipal:paml 304 are 
returned to an internal pool of available channels that can be 
mapped to future registrants. In another embodiment, the 
channel continues to be reserved for a particular user, 

10 

assuring that this user always has an available channel upon 
registration . 

FIG. 5C is a schematic block diagram illustrating a 
dynamic mapping of a logical IP set 24 to a SIP set 16 

15 according to one embodiment of the invention. In the dynamic 
mapping method, a single logical IP set 24 may be shared among 
multiple SIP sets 16. Furthermore, the mapping is not setup 
until a voice session to or from a SIP set is established. 

2Q In the illustrated embodiment, SIP Set D 16a issues an 

INVITE message to the SIP-PBX proxy server. Because in this 
exemplary embodiment all other channels are already in 
session, the SIP-PBX proxy server 18 finds a next available 
logical IP set, ipa30, and assigns it to SIP set D for the 
duration of the session. The SIP-PBX proxy server 18 thus 
dynamically maps ipa30:pasl 310 and IPB:PBS1 312 for signaling 
and reserves ipa30:paml 314 and IPB:PBM30 316 for media for 
the duration of the voice session. The mapping persists for 

30 the duration of the voice session. When the voice session 
completes, the logical IP set's signaling and media channels 
are returned to a pool of available channels according to one 
embodiment of the invention. The dynamic mapping method thus 
allows a smaller number of logical IP channels to be shared, 

35 

that is, trunked, among a larger number is SIP sets 16. 
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FIG. 6 is a schematic block diagram illustrating the 
5 connections established between the IP-PBX 10 and the logical 

IP sets 24 maintained by the SIP-PBX proxy server 18 according 
to one embodiment of the invention. For purposes of this 
example, an assumption is made that signals are exchanged 
between the IP-PBX 10 and logical IP set ipal . An assumption 

10 

is also made that the IP-PBX 10 is located at address IPC and 
uses signaling port PCS1, and logical IP set ipal uses 
signaling port pasl, as is illustrated in tables 130a and 40a. 
Exchange of two-way signaling information on these ports is 

15 achieved, according to the illustrated example, by 
transmitting a signal from the IP-PBX 10 to logical IP set 
ipal with a packet header indicating a source with address IPC 
and port PCS1 (IPC:PCS1), and a destination with address ipal 

2 q and port pasl (ipalipasl), and transmitting a signal from the 
logical IP set ipal to the IP-PBX 10 with a packet header 
indicating a source with address ipal and port pasl 
(ipalipasl), and a destination with address IPC and port PCS1 
(IPCiPCSl) . 

2 5 

Hereinafter, the convention for indicating a header with 
source <scaddr : scport> and destination <des taddr : des tport> 
will be <scaddr : scport /destaddr : destport> . 

Signaling from the IP-PBX 10 to logical IP set ipa2 has a 
30 packet header of IPC : PCS2/ipa2 :pasl , and signaling from the 
logical IP set ipa2 to the IP-PBX has a packet header of 
ipa2 :pasl/IPC: PCS2 . 

In addition to signaling, assume that the IP-PBX 10 in 
the illustrated embodiment has also setup a two-media channel 
between itself and logical IP set ipal. In the illustrated 
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example, media packets flow from the IP-PBX 10 to logical IP 
5 set ipal with a packet header of IPC : PCMl / ipal : paml , and media 

packets flow from logical IP set ipal to the IP-PBX with a 
packet header of ipal : paml /IPC : PCMl . 

In the embodiment illustrated in FIG. 6, port symmetry is 
used where signaling is both received and transmitted by ipal 

10 

on port pasl, and media is bo.th received and transmitted by 
ipal on port paml . 

FIG. 7 is a schematic block diagram illustrating the 
connections established between the IP-PBX 10 and the logical 

15 ip sets 24 maintained by the SIP-PBX proxy server 18 according 
to another embodiment of the invention. According to the 
embodiment illustrated in FIG. 7 , the two-way signaling or 
media exchange uses non-symmetric ports. In this illustrated 

2 q embodiment, logical IP set ipal receives signaling on port 
pasla, while it transmits media on a different port paslb as 
is illustrated in tables 130b and 40b. However, to simplify 
the description of operation, and without loss of generality, 
an assumption will henceforth be made that the ports are 

^ symmetric. 

FIG. 8 is a signaling diagram for handling an incoming 
call from the PSTN to a SIP set located at IP address D 
(referred to as SIP set D) 16a according to one embodiment of 

30 the invention. Assume for purposes of this illustration that 
logical IP set at address ipal (referred simply as ipal) is 
mapped to SIP set D 16a. In step 100, the IP-PBX 10 issues a 
PDSV ring command to ipal, which is then converted to a SIP 
INVITE message and sent to SIP set D 16a in step 102. In step 

35 

103, SIP set D 16a off hooks and a SIP OK message is sent back 
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to the SIP-PBX proxy server 18. The OK message includes a 
5 media address on which SIP set D 16a wishes to receive its 

media . 

In step 104, the SIP-PBX proxy server 18 issues a PDSV 
off hook signal in response to the OK message. In step 105, 
the IP-PBX 10 instructs ipal where it should send its media 

10 

(IPC:PCM1), and where it should receive its media (paml). The 
IP-PBX 10 also transmits an enable earpiece/mic command which 
is recognized by the SIP-PBX proxy server 18 and converted to 
a SIP ACK message. The ACK message also contains a session 

15 description protocol (SDP) body containing the media address 
at which the SIP-PBX proxy server 18 wishes to receive media 
from SIP set D 16a. The ACK message with the SDP body is sent 
to SIP set D in step 107. 

2Q The media from SIP set D 16a flows through the SIP-PBX 

proxy server 18 to the IP-PBX 10, and the media from the IP- 
PBX 10 flows through the SIP-PBX proxy server to SIP set D. 
The media packet headers are re-written as shown in steps 107, 
108, 109, and 110 to reconcile for the difference in media 

2 5 

setup data. The IP-PBX 10 thinks it has setup the media, and 
Sip set D 16a thinks it has negotiated peer-to-peer media 
flow . 

FIG. 9 is a schematic block diagram illustrating the 

3 0 connections made based on the exchange of signals in FIG. 8 

according to one embodiment of the invention. According to 
the illustrated embodiment, the IP-PBX 10 thinks it is 
exchanging signaling and media with ipal on ipalrpasl and 
ipalipaml, respectively, while SIP set D 16a thinks it is 

35 

exchanging signaling and media with the SIP-PBX proxy server 
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18 on IPB:PBS1 and IPBrPBMl, respectively. In fact, the SIP- 
5 PBX proxy server 18 has made a logical internal connection, or 

mapping, between ipalipasl and IPB:PBS1 for the signaling 
ports, and between ipalrpaml and IPB:PBM1 for the media ports, 
as is illustrated via tables 130c, 40c, and 132a. For 
example, an RTP packet that arrives on port A (the first 

10 

network interface 36) with source IPC:PCM1 and destination 
ipalrpaml is copied to port B (the second network interface 
38) and re-labeled with source IPBrPBMl and destination 
IPDrPDMl. Similarly, an RTP packet that arrives on port B 

15 with source IPD:PDM1 and destination IPB:PBM1 is copied to 
port A and re-labeled wit source ipalrpaml and destination 
IPC:PCM1. In this manner, the SIP-PBX proxy server 18 has 
connected the incoming PSTN call to SIP set D 16a, while fully 

2 q reconciling the master-slave and peer-to-peer expectations of 
the IP-PBX and SIP set. 

FIG. 10 is a signaling diagram for handling an outgoing 
call to the PSTN from SIP set E 16b while an incoming call to 
SIP set D 16a remains in session, according to one embodiment 

2 5 

of the invention. According to this example, a dialed-number 
of a callee is included in a "To:" header of a SIP INVITE 
message transmitted by SIP set E 16b in step 120. The 
transmitted SIP INVITE message identifies a media port, PEM1, 
30 in which SIP set E wishes to receive its media. The SIP-PBX 
proxy server 18 receives the SIP INVITE message via the second 
network interface 38, maps SIP set E 16b to a logical IP set 
24 (ipa2 in this example), converts the SIP INVITE message to 
an appropriate PDSV-over-IP message, and transmits the PDSV- 

35 
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over-IP message to the IP-PBX with source address ipa2 , in 
5 step 122. 

In step 123, the IP-PBX 10 transmits an enable earpiece 
and mic command as a PDSV-over-IP message addressed to ipa2 . 
The IP-PBX 10 further indicates in its message where ipa2 
should send its media (IPC:PCM2) and where it should receive 

10 

its media (paml) , The SIP-PBX proxy server. 18 recognizes the 
earpiece/mic command, maps paml to the media port associated 
with SIP set E ( PBM2 ) , and transmits in step 124, a SIP OK 
message with the mapped media port indicating where SIP set E 

15 16b should send its media. SIP set E responds with a SIP ACK 
message in step 135. At this point, SIP set E 16b has 
established a two-media connection with the IP-PBX 10. Media 
transfer with associated packet address re-labeling then 

2 q occurs as indicated in steps 126-129. 

In step 130, the called number is converted to a series 
of PDSV button pushes so that the IP-PBX can subsequently 
connect to the callee. 

FIG. 11 is a schematic block diagram illustrating the 

2 5 

connections made based on the exchange of signals in FIG. 10 
according to one embodiment of the invention. Two-way media 
continues to flow to/from SIP set D 16a while two-way media 
also flows to/from SIP set E 16b. Both SIP sets are in 
30 conversation with the PSTN via the IP-PBX 10. The SIP-PBX 
proxy server 18 has made internal connections between ports as 
illustrated via tables 130d, 40d, 132b, and 133a. 

FIG. 12 is a signaling diagram for handling an outgoing 
call to the PSTN from SIP set E 16b while an incoming call to 

35 

SIP set D remains in session according to another embodiment 
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of the invention. Signaling in steps 135-143 is similar to 
5 the signaling in steps 120-129 of FIG. 10, except that the SIP 

INVITE message transmitted in step 135 does not include the 
dialed number. Instead, individual keypresses on SIP set E 
16b in .step 144 causes SIP set E to transmit an individual SIP 
Instant message with each keypress, causing the SIP-PBX proxy 

10 

server 18 to generate a corresponding PDSV keypress as is 
illustrated in steps 140 and 142. 

FIG. 13 is a signaling diagram for handling an outgoing 
call to the PSTN in a hands-free speakerphone mode, while SIP 

15 Set D 16a continues to remain in conversation, according to 
one embodiment of the invention. The signaling exchanged 
among the IP-PBX 10, SIP-PBX proxy server 18, and SIP set E 
16b are illustrated in steps 121-231. 

2Q FIG. 14 is a signaling diagram for handling a call from 

IP set F 14a to SIP set D 16a according to one embodiment of 
the invention. The signaling travels to/ from SIP set D 16a 
from/ to the IP-PBX 10 through the SIP-PBX proxy server 18. 
Media travels to/ from SIP set D 16a from/ to the IP set F 14a 
via the SIP-PBX proxy server 18 which reconciles the media by 
rewriting packet addresses. According to the illustrated 
embodiment, media does not flow via the IP-PBX 10. 

In this regard, IP set F 14a offhooks and a media 

30 connection to/from the IP-PBX 10 is established. In step 150, 
IP set F 14a dials the extension for SIP set D 16a using key 
presses. Media is exchanged between the IP-PBX 10 and IP set 
F 14a via their respective ports PCMl and PFMl , respectively, 
as indicated in steps 152-153. 

35 



-22- 



1 



51471/JEC/X2/134132 



The IP-PBX 10 receives the keypresses, and in step 154, 
5 transmits a PDSV-over-IP ring command for logical IP set ipal 

mapped to SIP set D. The SIP-PBX proxy server 18 converts the 
ring command to a SIP INVITE message, and transmits the SIP 
INVITE message to SIP set D 16a in step 155. 

When SIP set D 14a offhooks, it transmits in step 156, a 

10 

SIP OK message to the SIP-PBX proxy server 18 with an SDP of 
IPD:PDM1, indicating the address, and port on which IP set D 
prefers to receive its media. The SIP-PBX proxy server 18 
receives the OK message and in step 157, issues a 

15 corresponding offhook PDSV command back to the IP-PBX 10. The 
SIP-PBX server 18 stores the address IPD:PDM1 so that it can 
eventually send media to this address. 

Having received the offhook signal in step 157, the IP- 

2Q PBX 10 sends an enable earpiece and mic command in step 158 to 
the logical IP set ipal. The command transmitted in step 158 
also includes an instruction to ipal to send its media to 
IPF:PFM1 corresponding to IP set F, and an instruction to 
receive its media on port paml . The SIP-PBX Proxy Server 

2 5 

receives these parameters and stores them to allow media 
processing based on this information. An ACK message is then 
transmitted to SIP set D 16a in step 159. 

In step 160, the IP-PBX 10 .sends a command to IP set F 
30 14a instructing it to send its media to the logical IP set 
ipal at ipal: paml, and to receive its media on port PFM1 . In 
this manner, the IP-PBX 10 thinks that it has setup a call 
between IP set F 14a and logical IP set ipal, and that these 
two sets are exchanging media directly. However, since ipal 

35 

is, according to one embodiment of the invention, an internal 
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logical set in the SIP-PBX proxy server 18 mapped to SIP set 
5 D, media is processed by rewriting the packet headers. Thus, 

media packets transmitted in step 161 by IP set F 14a having a 
header of IPF : PFMl/ipal : paml are rewritten and re- transmitted 
in step 162 as coming from the SIP-PBX proxy server 18 and 
destined for SIP set D 16a with a header of IPB : PBMl/ IPD : PDM1 . 

10 

Similarly packets coming from SIP set D 16a in step 163 with a 
header of IPD: PDMl/ IPB: PBMl are rewritten by the SIP-PBX proxy 
server 18 and transmitted in step 164 as packets with a header 
of ipal : paml /IPF : PFM1 . The SIP-PBX proxy server 18 has thus 
15 processed the media so that the master-slave mode of the IP- 
PBX 10 and the peer-to-peer mode of SIP set D 16a are fully 
reconciled . 

FIG. 15 is a schematic block diagram illustrating the 
2Q connections made based on the exchange of signals in FIG. 14 
according to one embodiment of the invention. According to 
the illustrated embodiment, the IP-PBX 10 has setup two-way 
media flow between IP set F 14a and logical set ipal, as 
depicted via tables 130e and 40e. However, the SIP-PBX proxy 

25 

server processes the media and "forwards it on to SIP set D 16a 
by establishing a two-way media connection between IPB:PBM1 
and IPD: PDMl, as depicted via tables 40e and 132c. 

FIG. 16 illustrates a simplified signaling diagram for 
30 handling a call between two SIP sets, SIP set D 16a and SIP 
set E 16b, according to one embodiment of the invention. Each 
SIP set 16a, 16b is mapped to a distinct logical IP set 
maintained by the SIP-PBX proxy server 18. The IP-PBX 10 sets 
up the media between the two logical IP sets by commanding 

35 

them, in steps 170 and 173, to receive media on appropriate 
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ports, and in steps 175and 177, to transmit media on 
5 appropriate ports. In steps 172 and 174, each SIP set 16a, 

16b transmits the IP address and port on which they prefer to 
receive their media. 

The SIP-PBX Proxy Server reconciles the differences in 
the ports indicated by the IP-PBX 10 and the ports indicated 

10 

by the SIP sets 16a, 16b, and transmits the reconciled 
information to the SIP sets. In the illustrated embodiment, 
because both SIP sets are serviced by the same SIP-PBX proxy 
server 18, the server is able to establish the two-way media 

15 flow directly between the two SIP sets in steps 179, 180. 

FIG. 17 is a more detailed signaling diagram for handling 
a call by SIP set D 16a to SIP set E 16b according to one 
embodiment of the invention. In step 180 SIP set D 16a 

2 q transmits a SIP INVITE message identifying a media port, PDMl, 
in which SIP set D wishes to receive its media. The SIP-PBX 
proxy server 18 receives the SIP INVITE message via the second 
network interface 38, maps SIP set D 16a to a logical IP set 
24 (ipal in this example) , converts the SIP INVITE message -to 

2 5 

an appropriate PDSV-over-IP ' message, and transmits the PDSV- 
over-IP message to the IP-PBX with source address ipal, in 
step 182 . 

In step 183, the IP-PBX 10 transmits an enable earpiece 
30 and mic command as a PDSV-over-IP message addressed to ipal. 

The IP-PBX 10 further indicates in its message where ipal 
should send its media (IPCrPCMl) and where it should receive 
its media (paml) . The SIP-PBX proxy server 18 recognizes the 
earpiece/mic command, maps paml to the media port associated 

35 

with SIP set D ( PBMl ) , and transmits in step 184, a SIP OK 
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message with the mapped media port indicating where SIP set D 
5 16a should send its media. SIP set D responds with a SIP ACK 

message in .step 185. At this point, SIP set D 16a has 
established a two-media connection with the IP-PBX 10. Media 
transfer with associated packet address re-labeling then 
occurs as indicated in steps 186-189. 

10 

In step 190, the IP-PBX .10 issues a ring signal to ipa2, 
which is then passed as an INVITE message to SIP set E 16b in 
Step 191. SIP set E 16b transmits an OK message in step 192, 
and .in step 193, the SIP-PBX proxy server transmits an offhook 

15 command to the IP-PBX 10 with ipa2 as the source address. 

In step 194, the IP-PBX 10 commands ipa2 to send its 
media to ipalrpaml, and receive its media on port paml . The 
SIP-PBX proxy server 18 maps paml to the media port associated 

2Q with SIP set D 16a ( PDM1 ) , and in step 195, the SIP-PBX proxy 
server 18 issues an ACK command to SIP set E indicating that 
it should send its media to IPD:PDM1. 

In step 196, the IP-PBX 10 commands ipal to send its 
media to ipa2:paml, and receive its media, on port paml. The 

25 SIP-PBX proxy server 18 re-INVITES SIP set D in step 197, 
informing it that it should its media to IPE:PEM1 (which it 
knows from the OK received in step 192). 

In steps 197 and 198, two-way media flows from SIP set D 

30 16a to SIP Set E 16b, even though the IP-PBX 10: thinks it has 
setup two-way media flow from logical IP set ipal to logical 
IP set ipa2 . According to the illustrated embodiment, there 
is no need for the SIP-PBX proxy server to send the media 
between two of its internal logical sets. 

35 
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FIG. 18 is a schematic block diagram illustrating the 
5 connections made based on the exchange of signals in FIG. 17 

according to one embodiment of the invention. As is 

illustrated in this embodiment, the media flows directly 
between the two SIP sets. The media flow is on 

IPD: PDM1/IPE: PEM1 , as is illustrated via tables 132d and 133b, 

10 

even though the IP-PBX believes it has established the media 
flow on ipal :paml/ipa2 :pam2 , as is illustrated via tables 130f 
and 4 0 f . 

In the embodiment illustrated in FIG. 17, the SIP-PBX 
15 proxy server contains the logic to reconcile the media flow, by 
appropriately re-INVITEing one of the SIP sets as illustrated 
in step 197. Media packet processing is therefore not 
necessary in the embodiment illustrated in FIG. 17, helping 
2Q improve the performance of the SIP-PBX proxy server 18. 

However, this method of reconciliation applies to SIP sets 
that are associated with the same SIP-PBX proxy server. 

FIG. 19 is a signaling diagram for handling a call 
between SIP sets that are not associated with; the same SIP-PBX 

2 5 

proxy server according to one embodiment of the invention. In 
the illustrated embodiment, SIP set D 16a is associated with 
SIP-PBX ' proxy server A 18a while SIP set G 16c is associated 
with SIP-PBX Proxy Server B 18b. The signaling exchanged 
30 between the various devices is ■ illustrated in steps 201-216. 

Because the SIP sets are not associated with the same SIP-PBX 
proxy server, media reconciliation is performed by rewriting 
packet headers, as is illustrated in FIGS. 20A-20B. This 
presumes that the SIP-PBX proxy servers do not exchange 

35 

information about their corresponding SIP sets. In other 
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words, a presumption is made that SIP-PBX proxy server A 18a 
5 does not know the IP address and port on which SIP set G 16c 

prefers to receive its media. In the same manner, a 
presumption is made that SIP-PBX proxy server B 18b does not 
know the IP address and port on which SIP set D 16a prefers to 
receive its media. 

10 

" FIG . .21 is a -schematic block diagram of a data 
communications . system . including multiple SIP-PBX .proxy servers 
18a-18c according to one . embodiment of the invention. 
Multiple SIP-PBX proxy servers allow the accommodation of a 

15 larger number of SIP sets 16. The SIP sets associated with 
each server may be mapped to a logical IP set via either 
static or dynamic mapping. In the illustrated embodiment, all 
of the servers 18a-18c have their port A on the same LAN 

2 q segment 320. 

FIG. 22 is a schematic block diagram of a data 
communications system including multiple SIP-PBX proxy servers 
18a-18c according to another embodiment of the invention. This 
embodiment is similar .to. ;\the embodiment illustrated in FIG . 

2 5 

21,;- except that it. includes a data router 33.0 .that is coupled 
to the various SIP-PBX proxy servers 18a-18c. 'The- data router 
330 performs distribution of media and signaling traffic 
transmitted by the SIP-PBX. proxy servers 18a-18c, allowing a 
30 reduction of such traffic on port A of ■ each SIP-PBX proxy 
server . 

FIG. 23 is a schematic block diagram of a data 
communications system including multiple SIP-PBX proxy servers 
18a-18c according to a further embodiment of the invention. 

35 

This embodiment is similar to the embodiment illustrated in 
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FIG. 22, except that a LAN segment 340 attached to Port B of 
5 each SIP-PBX proxy server 18a-18c can also be folded back into 

a data router 330a. This architecture is helpful when devices 
on the port B LAN segments 340 need to access other enterprise 
resources in addition to the IP-PBX 10. For example, if one 
of the SIP sets 16 takes the form of a PC-based SIP client, 

10 

such as Microsoft's Windows Messenger, the PC may also need 
access to e-mail, corporate web servers, and the like. In the 
illustrated architecture, SIP-related traffic transits through 
the SIP-PBX proxy server 18a-18c, while all other traffic 

15 enters the router 330a directly. 

FIG. 24 is a schematic block diagram depicting traffic 
flow in the data communications system of FIG. 23 according to 
one embodiment of the invention. In this illustration, a PC 

2Q on LAN 352 has registered with SIP-PBX proxy server 18c at 
address 192.168.10.1. All of its SIP signaling and media pass 
through this address to the IP-PBX 10. However, PC 350 is 
also able to access e-mail. According to the illustrated 
embodiment, the e-mail traffic does not pass through the STP- 

25 

PBX proxy server. 

FIG. 2 5 is a schematic "block diagram of a data 
communications system including multiple SIP-PBX proxy servers 
18a-18c according to another embodiment of the invention. 
30 According to this embodiment, both ports A and B of a SIP-PBX 
proxy server 18a are attached to the same LAN 360. This 
allows the various SIP devices 16 to directly access the 
corporate LAN 360 to send/retrieve e-mail, and the like. SIP 
traffic and IP-PBX traffic, however, are exchanged through the 

35 

SIP-PBX proxy server ports. 
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FIG. 26 is a schematic block diagram of a data 
5 communications system including multiple SIP-PBX proxy servers 

18a-18c according to another embodiment of the invention. This 
embodiment is similar to the embodiment illustrated in FIG. 25 
except that the SIP-PBX proxy server 18a has a single network 
interface card (NIC) 370. The media access controller (MAC) 

10 

address for the NIC , however, has multiple IP addresses for 
logical IP sets, management, SIP proxying, and the like. 

FIG. 27 is a schematic block diagram of a data 
communications system including multiple SIP-PBX proxy servers 

15 18a-18c according to another embodiment of the invention. This 
embodiment is similar to the embodiment illustrated in FIG. 26 
except that is includes a data switch 380 that segments the 
traffic to and from the SIP Sets 16 and SIP-PBX proxy servers 
18a-18c. This embodiment also allows the configuration of 
virtual local area networks (VLANs) . 

FIG. 28 is a schematic block diagram of a data 
communications system with an embedded SIP-PBX proxy server 
18a according to one embodiment of the invention.. According 

25 to this embodiment, the SIP-PBX proxy server 18a is embedded 
within a data switch or router 390. 

FIG. 29 is a schematic block diagram of a data 
communications system using computer supported telephony 

30 applications (CSTA) and PDSV-over-IP messages according to one 
embodiment of the invention. According to this embodiment, 
both PDSV-over-IP and CSTA messages are used to enable a SIP- 
PBX proxy server 18i to perform its functions. This allows 
certain functions that are more suitable to be performed with 

35 

CSTA commands to be performed using such computer telephony 
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integration (CTI) commands rather than PDSV-over-IP commands. 
5 For example, when the SIP-PBX proxy server 18i initiates an 

outbound call based on a SIP INVITE message, uses a CSTA 
command to dial the number rather than synthesizing a series 
of PDSV keypresses. 

According to one embodiment of the invention, the IP-PBX 

10 

10 typically contains one or more digital :s.ignal processing 
(DSP) boards that perform VoIP conversion to/from TDM within 
the switch. The logical IP sets within the SIP-PBX proxy 
server consume these DSP resources for TDM-packet conversion 

15 during the flow of VoIP media. Because the resources can 
generally support a limited number of VoIP channels, their 
allocation becomes an issue. 

FIG. 30A is an exemplary block diagram illustrating the 

2Q allocation of DSP resources when a single DSP board 400 is 
included in the IP-PBX 10 according to one embodiment of the 
invention. In the illustrated embodiment, the single DSP 
board 400 has allocated all of its resources to the logical IP 
sets within the SIP-PBX proxy server 18. The SIP-PBX proxy 
server 18 then distributes the channels between static and 
dynamic SIP sets 16. For example, if the single DSP board 400 
supports N=30 logical IP sets, the SIP-PBX proxy server 18 may 
statically map M=30 logical IP sets to thirty SIP sets 16. 

30 Alternately, the SIP-PBX proxy server 18 may statically map 
M=10 logical IP sets to ten SIP sets 16, and then share the 
remaining N-M=2 0 logical IP sets dynamically among an 
arbitrary number of additional SIP sets. 

FIG. 30B is an exemplary block diagram illustrating the 

35 

allocation of DSP resources when a single DSP board 400 is 



-31- 



1 



51471/ JEC/X2/ 134132 



included in the IP-PBX 10 according to another embodiment of 
5 the invention. This embodiment is similar to the embodiment 

illustrated in FIG. 30A, except that the DSP resources are 
apportioned between the logical IP sets within the SIP-PBX 
proxy server 18 and actual physical IP sets 14 (FIG. 1). For 
example, if the single DSP board 400 within the IP-PBX 10 

10 

supports N=30 channels, it may allocate M=20 of these channels 
to the logical IP sets within the SIP-PBX proxy server 18, and 
the remaining N-M=10 channels to actual IP sets 14. 

FIGS. 31A-31C are exemplary block diagrams illustrating 

15 the allocation of DSP resources when multiple DSP boards are 
included into the IP-PBX 10 according to one embodiment of the 
invention. As illustrated in FIG. 31A, DSP channels from a 
single DSP board 400 may be allocated among multiple SIP-PBX 
proxy servers 18a-18b. As illustrated in FIG. 31B, DSP 
channels from multiple DSP boards 400a, 440b may be allocated 
to a single SIP-PBX proxy server 18a. As is illustrated in 
FIG. 31C, and DSP channels from multiple DSP boards 400a, 400b 
may be allocated to multiple SIP-PBX proxy servers 18a, 18b..- 
^ Although this invention .has been described in certain 

specific embodiments, those skilled in the art will have no 
difficulty devising variations to the described embodiment 
which in no way depart from the scope and spirit of the 

30 present invention. For example, although SIP is used as an 
exemplary protocol that utilizes a peer-to-peer mode of 
handling voice media, a person of skill in the art should 
recognize that any other protocol that also utilizes a peer- 
to-peer mode may be used instead of SIP. Furthermore, a 

3 5 

person of skill in the art should recognize that other private 
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and signaling protocols instead of PDSV may also be used to 
5 communicate with the IP-PBX. 

Moreover, to those skilled in the various arts, the 
invention itself herein will suggest solutions to other tasks 
and adaptations for other applications. It is the applicants 
intention to cover by claims all such uses of the invention 

10 

and those changes and modifications which could be made to the 
embodiments of the invention herein chosen for the purpose of 
disclosure without departing from the spirit and scope of the 
invention. Thus, the present embodiments of the invention 
15 should be considered in all respects as illustrative and not 
restrictive, the scope of the invention to be indicated by the 
appended claims and their equivalents rather than the 
foregoing description. 

20 
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